Jun. 8, 1999 (30) Foreign Application Priority Data Jun. 10, 1998 Mar. 15, 1999 (51 Specifies an actual configuration of various audio items. In particular, in addition to the TOC mechanism a file-based acceSS mechanism is assigned to the audio-centered infor mation by a higher level Audio file. At a next-lower level a mechanism is assigned Separately as one or more track-wise organized files indicating eXclusively audio items contained in the area, and Separately therefrom a comprehensive file indicating audio tracks as well as interposed pause intervals. The audio information is recorded in digital representa tion after analog to digital conversion. Examples of A/D conversion are PCM 16-bit per sample at 44.1 kHz known from CD audio and 1 bit Sigma Delta modulation at a high OverSampling rate e.g. 64 xFS called Bitstream. The latter, high quality, method allows to choose between high quality decoding and low quality decoding. Reference therefor is had to the publications A digital decimating filter for analog-to-digital conversion of hi-fi audio signals, by J. J. van der Kam, document D5 infra, and A higher order topology for interpolative modulators for oversampling AID converters, by Kirk C. H. Chao et al, document D6. After A/D conversion, digital audio may be compressed to vari able bitrate audio data for recording. The compressed audio data will be read from the carrier at Such a Speed, that after decompression Substantially the original timescale is restored when reproducing the audio information continu ously. Hence the compressed data must be retrieved from the carrier at a Speed dependent on the varying bitrate. The data is retrieved from the record carrier at So-called transfer Speed, i.e. the Speed of transferring data bytes from the carrier to a de-compressor. The record carrier may have a constant Spatial data density to give the highest data Storage density. In Such System the transfer Speed is proportional to the relative linear Speed between the medium and the read/write head.
FIG. 2 shows a playback device for reading carrier 11 of the type shown in FIG.1. The device has drive means 21 for rotating carrier 11 and read head 22 for Scanning the physical track. Positioning means effect 25 coarse radial positioning of read head 22. The read head comprises a known optical System with a radiation Source for generating beam 24 that is guided through optical elements and focused on Spot 23 on an information layer. The read head further comprises a focusing actuator for moving the focus of the radiation 24 along the optical axis of the beam and a tracking actuator for fine positioning of Spot 23 in a radial direction on the centre of the physical track. This actuator may comprise coils to move an optical element or may be arranged to change the angle of a reflecting element. The radiation reflected by the information layer is detected by a known detector in the read head 22, e.g. a four-quadrant diode, to generate a read Signal and further detector Signals, including tracking error and focusing error Signals for the tracking and focusing actuators, respectively. To retrieve the data, the read signal is processed by reading means 27 that may comprise a channel demodulator and an error corrector. The retrieved US 6, 633, 515 B1 3 data is Sent to data Selection means 28 to Select the com pressed audio data to feed buffer 29. The selection is based on data type indicators also recorded on the carrier, e.g. headers in a framed format. From buffer 29, the compressed audio data are Sent to de-compressor 31 as Signal 30. This Signal may also be outputted to an external de-compressor. De-compressor 31 from the compressed audio data repro duces the original audio information on output 32. The de-compressor may be located in a Stand-alone high quality audio digital to analog convertor 33 in FIG. 2 . Alternatively, the buffer may be located before the data selection means. Buffer 29 may be positioned in a Separate housing or may be combined with a buffer in the decompressor. The device furthermore has control unit 20 for receiving control com mands from a user or from a host computer not shown, and via control lines 26 is connected to drive means 21, posi tioning means 25, reading means 27 and data Selection means 28, and possibly also to buffer 29 for filling level control. To this end, the control unit 20 may comprise digital control circuitry.
The art of audio compression and de-compression is known. After digitizing, audio may be compressed by ana lyzing the correlation in the Signal, and producing param eters for fragments of a Specified size. During de-compression the inverse process is used to reconstruct the original Signal. If the original digitized signal is recon Structed exactly, the (de)-compression is loss-less, whereas lossy (de)-compression will not reproduce Some details of the original signal that however are Substantially undetect able to the human ear or eye. Most known Systems for audio and Video, Such as MPEG, use lossy compression, but loSS-leSS compression is used for computer data. Examples of audio (de)-compression may be found in D2, D3 and D4
hereinafter.
Data selection means 28 will retrieve from the data read control information indicating the transfer Speed profile, and further will discard any stuffing data, that had been added during recording according to the Speed profile. When control unit 20 must reproduce an audio item from the carrier, positioning means 25 will position the reading head on the portion of the track containing the TOC. The starting address and the speed profile for that item will then be retrieved from the TOC via the data selection means 28.
Alternatively, the contents of the TOC are read only once and Stored in a memory when the disc is inserted in the apparatus. For reproducing the item, the drive means 21 will rotate the record carrier at the Speed indicated by the Speed profile. The required rotation rate may be denoted as Such in the Speed profile for Setting the drive means. Alternatively the Speed profile may comprise a bitrate, and then the rotation rate can be calculated from the radial position of the item as based on the Starting address, because the record carrier density parameters, like track pitch and bit length, are predetermined and known to the playback device, usually from a standard. Next, the rotation rate can be derived from the bitrate and Said radial position.
To provide continuous reproduction without buffer under flow or overflow, the transfer speed is coupled to the reproduction Speed of the D/A converter, i.e. to the bitrate after decompression. The apparatus may thereto comprise a reference frequency Source to control the decompressor and the rotation rate may be set in dependence of reference frequency and Speed profile. The rotation rate may also be adjusted using the average filling level of the buffer 29, e.g. decreasing the rotation rate if the buffer is more than 50% full on average. 4 marks representing the information are formed on the record carrier. The markS may be in any optically readable form, e.g. in the form of areas whose reflection coefficient differs from their Surroundings, through recording in materials. Such as dye, alloy or phase change, or as areas with a different magnetization direction from their Surroundings. Writing and reading information for recording on optical disks and uSable rules for formatting, error correcting and channel coding, are well-known, e.g. from the CD System. Marks may be formed through a spot 23 generated on the recording layer via a beam 24 of electromagnetic laser radiation. The recording device comprises similar basic elements as described with reference to FIG. 2, i. e. control unit 20, drive means 21 and positioning means 25, but it has a distinctive write head 39. Audio information is presented on the input of compression means 35, which may be placed in a Separate housing. Suitable compression has been described in D2, D3 and D4. The variable bitrate compressed audio on the output of compression means 35 is sent to buffer 36. From buffer 36 the data is Sent to combining means 37 for adding Stuffing data and further control data. The total data Stream is passed to writing means 38 for recording. Write head 39 is fed by Writing means 38 that may comprise a formatter, an error encoder and a channel modulator. The data presented to the input of writing means 38 are distributed over logical and physical Sectors according to formatting and encoding rules and converted into a write signal for the write head 39. Unit 20 is arranged to control buffer 36, data combination means 37 and writing means 38 via control lines 26 and for executing the positioning procedure as described above for the reading apparatus. The recording apparatus may also allow reading by having the features of a playback apparatus and a combined write/read head. FIG. 4 shows a file system for use with the invention, for which in principle various different options are feasible. Preferably, the storage medium should be based on the UDF or on the ISO9660 file system. In an alternative case no file System would be present, and all relevant Sector Spaces should be kept empty.
If a file system is present however, all audio will be stored in Audio Files located in SubDirectory SCD AUDIO . FIG.  4 addresses. The number of lead-out tracks may cover a ring of some 0.5 to 1 millimeter wide. According to the above, the Stored information may be accessed either via the file system as laid down in item 122 or via the TOC structure of audio information that may be of non-uniform lengths. Furthermore each pair of Successive audio intervals is sepa rated by a pause interval, labeled P. The lengths of the pauses have been Set by a developer of the record carrier, and may have been chosen with reference to the particular character of the foregoing track and/or the next-following track. The lengths may depend on various considerations, Such as the respective loudnesses, beat frequencies, correspondence or differences in character, composer, and Style, and need not be uniform for a particular carrier. A Zero-length pause is feasible in principle. The last track will generally not have a Succeeding pause interval.
For each track A, the Start location length and other information is given in the Area-TOC of the Audio Area where the track belongs to. The Storage area of the trackSA and the pause intervals P, as represented in FIG. 6 assigning in addition to the TOC mechanism a file-based acceSS mechanism to the audio-centered information through a higher level Audio file, and at a next-lower level through a mechanism assigning to a particular audio area Separately one or more files organized according to logical tracks and indicating eXclusively audio items contained in track, and Separately there from assigning a comprehensive file indicating audio items contained in tracks and indicating interposed pause intervals between the latter tracks. 2. A method as claimed in claim 1, whilst employing in combination with the comprehensive file, an associated 
